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ABSTRACT
This paper proposes to use Matching Pursuit, in order to inves-
tigate some statistical foundations of Room Acoustics, such as
the temporal distribution of arrivals, and the estimation of mixing
time. As this has never been experimentally explored, this study
is a ﬁrst step towards a validation of the ergodic theory of rever-
beration. The use of Matching Pursuit is implicit, since correlation
between the impulse response and the direct sound is assumed.
The compensation for the energy decay is necessary to obtain sta-
tionnary signals. Methods for determining the best the temporal
boundaries of the direct sound, for choosing an appropriate stop-
ping criteria based on the similarity between acoustical indices of
the original RIR and those of the synthesized signal, and for ex-
perimentally deﬁning the mixing time constitute the scope of this
study.
1. INTRODUCTION
This paper proposes a method for studying the temporal distribu-
tion of the arrivals of Room Impulse Responses (RIRs). The the-
ory, developed and presented in [1] [2] has never been experimen-
tally validated yet. This aim of this work is to lead toward a better
understanding of the physical and statistical behaviour of the prop-
agation of energy in halls.
Assuming ahigh correlationbetween theRIRand thedirect sound,
with due consideration to the ﬁltering of the room, Matching Pur-
suit [3] appears to be well suited for this purpose. As a ﬁrst step,
a dictionnary of atoms has to be deﬁned that matches exactly the
signal. The atoms are represented, in this case, by the direct sound
itself. The determination of its exact temporal boundaries is of im-
portance for a perfect match. Moreover, the knowledge of the di-
rect sound provides useful information on the sound source itself,
and allows to whiten the RIR. This study, by presenting a method
for detecting the direct sound, contributes to the characterization
of some frequently used sound sources in room acoustics measure-
ments [4], such as balloon bursts or pistol shots. A basic approach
of thisproblem would consist in computing the Short Time Fourier
Transform of a RIR, and to detect temporal or spectral changes for
the beginning and the end of the motive. Nevertheless, attention
must be paid to the drawback of this method, that is, its resolu-
tion. Indeed, the time resolution is proportional to the effective
duration of the analysis window. Similarly, the effective frequency
resolution is proportional to the effective band-width of the analy-
siswindow. Consequently, atrade-off between timeand frequency
resolution has to be made. On the one hand, a good time resolution
requires a short analysis window, while on the other hand a good
frequency resolution requires a long window. This limitation leads
to choose another approach, based onthe inter-correlationbetween
the RIR and the direct sound itself (section 2). This section de-
tails the choice of a stopping criteria, and presents a method which
can be useful for detecting the direct sound of RIRs (without any
knowledge of its properties). For RIR measurements carried out
with balloons bursts or pistol shots, it becomes difﬁcult to identify
clearly temporal boundaries when the sound source isnot recorded
in the near ﬁeld, or in an anechoic chamber. Moreover, the visual
identiﬁcation by hand of these boundaries may vary from expert
to expert, since the background noise often disturbs the readabil-
ity of the signal. The Matching Pursuit run on a RIR provides
original results. The base of coefﬁcients obtained using Matching
Pursuit can be seen as a weigth distribution of arrivals of the RIR
(an arrival being a sound ray which has undergone one or more
reﬂections on its way from the source to the receiver [1]). Section
3 exposes theoretical reviews of some statistical concepts of room
acoustics, and compares the temporal density of arrival, derived
from experiments using Matching Pursuit, to the theory [2].
The presented results are derived from one hundred measurements
of RIRs in salle Pleyel carried out with pistol shots [5].
2. MATCHING PURSUIT APPLIED TO RIR
2.1. Theoretical reviews
A RIR can be seen as a linear base of occurence of the direct sound
reproduced in time, and ﬁltered by the surfaces of the hall, as seen
in Figure 1. For this latter reason, it is believed that Matching
Pursuit can help for understanding more deeply the architecture of
a RIR,sincethisalgorithm introduced by [3] provides information,
whichcanbeseenasmaximaof correlation(Eq.1)[6]between two
signals: the RIR and the direct sound (the atom).
In theory, any signal x can be perfectly decomposed in a linear
base of atoms for an inﬁnity of iterations. In practice, this number
must be ﬁnite and a stopping criterium has to be set. The authors
propose to use the signal/noise ratio (SNR) in dB of x over the
residual (R).
——— Algorithm of Matching Pursuit ———
Input : x ∈ R
N,D = {φγ,γ}
Output : γ
k
opt,α
k,k = 1...(n − 1)
n = 0
R
0x ← x
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Repeat:
γ
(n)
opt ← argmaxγ∈Γ| R
nx,φγ | (1)
α(n) ← | R
nx,φ
γ
(n)
opt
 | (2)
R
n+1x ← R
nx − α
(n)φ
γ
(n)
opt
(3)
n ← n + 1 (4)
x
(n) =
Pn−1
k=0 α
(k)φ
γ
(n)
opt
(5)
—————————————————–
with x being the original RIR, R the residual, x
(n) the synthesized
signal,  .  the scalar product, and φγ the dictionary of atoms γ.
2.2. Stopping criterium
2.2.1. Finding an appropriate value
The quality of the decomposition of x in atoms depends on the
value of SNR, that is, the stopping criteria. On the one hand,
for a too low SNR, the residual has a too high energy level and
the rebuilt signal x
(n) is an impoverished approximation of x. On
the other hand, a too high SNR leads to a high number of it-
erations, that becomes useless over a certain value, since x
(n) is
almost identical to x.
Comparing the acoustical indices, used in Room Acoustics [7],
calculated on x to those calculated on x
(n) for different values of
a SNR allows to set the stopping criterium on a solid physical
background. The acoustical indices presented here are the rever-
beration times at 20dB (RT20), 30dB (RT30), the Early Decay
Time at 10dB (EDT10), and the Central Time (TC). Figure 2
shows the variations in percent between indices calculated on x
and those calculated on x
(n) for different values of SNR, for an
impulse response, in which the visual identiﬁcation of the direct
sound is obvious (Figure 1). This RIR presents the particularity
that the direct sound (pistol shot) is immediatly followed by the
ﬁrst reﬂection. This way, the identiﬁcation of temporal boundaries
of the direct sound is facilitated.
According to Figure 2, a convenient SNR would be 20dB, since
variations of acoustical indices lie under 5%. Figure 3 shows a
RIR and the linear base of coefﬁcients.
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Figure 1: Experimental RIR for which determining the direct
sound is obvious.
2.2.2. Detection of the direct sound
Matching Pursuit can also be used for determining the time dura-
tion of impulses of experimental RIRs, with stopping criterium of
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Figure 2: Variations in % of RT20, RT30, EDT and TC versus
SNR in dB.
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Figure 3: Matching Pursuit ran on an experimental RIR (SNR =
20dB). -(top): Experimental RIR -(bottom): Linear base of coef-
ﬁcients, which correspond to the arrivals.
SNR = 20dB (as seen in section 2.2.1). An efﬁcient decompo-
sition of a signal x in a linear base of atoms (i.e the direct sound)
can only be achieved if the atom has an exact temporal and spec-
tral deﬁnition. Looking for thelowestnumber of iterationstoreach
the stopping criterium is equivalent to looking for the best tempo-
ral boundaries of the direct sound. This is achieved by using a grid
searching method on the ﬁrst and the last indices of the atom. This
method is thought to provide a higher precision in time than one
based on STFT (section 1).
3. DETECTION OF ARRIVALS
The rest of the paper focuses on all trajectories emitted from a
given ﬁxed source position and reaching a given ﬁxed receiver po-
sition after some given elapsed time. These trajectories are called
arrivals [1], because they correspond to the different arrivals of
sound at the receiver position when an impulse is emitted from the
source. In room acoustics, the time distribution of these arrivals
plays an important role since it is directly linked to the impulse
response. Indeed, the RIR is built by the superposition of all the
pulses emitted by the source at the same time, and reaching the re-
ceiver after travelling through the room. In other words, the RIR is
composed of the succession of all arrivals, with due consideration
for their respective amplitudes. In a mixing room, that means with
an irregular shape, the energy is equidistributed in the hall after
sufﬁcient time has elapsed, i.e after the mixing time [2]. Since ad-
jacent trajectories in a mixing room diverge at an exponential rate,
intensity reduces exponentially along any trajectory. Therefore, to
conserve the energy, the number of arrivals must compensate the
divergence. Hence, the number of arrivals is assumed to increase
exponentially with time in any mixing room. However, at the early
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stage, the image sources are regularly distributed in space and one
can assume a power low distribution [2].
3.1. Robustness of Matching Pursuit on a model of RIRs
This section aims at testing the robustness of Matching Pursuit on
IRs using a model of IR presented in [2] [8]. This model assumes
that the arrivals are distributed in time according to a Poisson pro-
cess, with a parameter which is time dependent. The cumulative
number of arrivals is a cubic function of time (Figure 4). Using
simple input parameters, such as the reverberation time, the mean
absorption, andthevolumeofthehall, thetimearrivalsbaseisgen-
erated. The IR of the considered hall is synthesized by convolving
a pistol shot with the linear base of arrivals calculated previously.
Surprisingly, applying Matching Pursuit (with knowledge of the
atom) to the synthesized IR does not return the exact linear base of
arrivals derived from the model (Figure 4). Explanations are given
in the following.
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Figure 4: Cumulative numbers of the arrivals (CNA) generated
by the stochastical model of IR (without compensation of energy
decay). -dashed: model -plain: the atom is a pistol shot -bold: the
atom is a dirac.
3.2. Towards a validation of the statistical theory
Based on section 3.1, the linear base of coefﬁcients (Figure 3),
derived from Matching Pursuit run on experimental RIRs, are as-
sumed to represent the temporal distribution of arrivals.
3.2.1. Without compensating for the energy decay
The cumulative number of arrivals (CNA) normalized by the to-
tal number of arrivals, plotted in Figure 5, represents an estimate
of the Cumulative Distribution Function (CDF). In other words,
the CNA describes the time evolution of the probability to detect
arrivals in the RIR.
Figure 5 underlines the decreasing of probability to detect ar-
rivals at the end of the RIR. This is an artefact of Matching Pursuit.
Indeed, as Matching Pursuit selects the maximum of correlation at
eachiteration, itisobvious that ithasahigh probabilitytobefound
at the beginning of the RIR (Figure 3). Thus, the probability to de-
tect arrivals is directly linked to the local energy of the signal. As
this latter decreases exponentially, one can expect the probability
to decrease exponentially too.
Measurements in salle Pleyel have been carried out for 21 differ-
ent source-receiver positions, hence for 21 RIRs. By calculating
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Figure 5: CDF, for an experimental RIR (without compensation
of the energy decay).
the logarithm of 1 − CDF for the 21 RIRs (Figure 6), the mean
reverberation decay of the room is recovered (RT ≈ 2.0s). This
observation highlights that the CDF is linked to the energy of the
signal.
0 0.2 0.4 0.6 0.8 1 1.2 1.4
−10
−9
−8
−7
−6
−5
−4
−3
−2
−1
0
Time (s)
Z
(
t
)
Figure 6: plain: Logarithm of (1 − CDF) of the arrivals of 21
experimental RIRs (without compensation of the energy decay) -
dashed: mean logarithmic decay decay of the RIRs.
3.2.2. Compensating for the energy decay
As seen in section 3.2.1, arrivals have a higher probability to be
found in the beginning of the RIR, than in the tail. Energy com-
pensation, by making the signal stationary and ergodic, ensures
equal weight to all parts of the RIR and thus equiprobability of de-
tecting arrivals. This is observed in Figure 7, where it corresponds
to the almost constant slope of the CDF.
However, the beginning of the RIR presents a different behaviour,
in agreement with theory, which predicts a lower number of ar-
rivals after the direct sound, than for the diffuse sound ﬁeld. This
difference of behaviour allows to deﬁne the mixing time as the
time where this difference occurs. Indeed, mixing precisely ex-
presses the equiprobability of arrivals, as deﬁned by Krylov [9].
The mixing time is then deﬁned as the time at which the process
becomes ergodic, taking into account the time propagation from
the source position to the receiver position.
First tests show that the mixing time depends on the atom, that is,
on the temporal and spectral properties of the direct sound (Figure
8). But this goes beyond the scope of the present paper.
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Figure7: CDFs. -dash: theoretical CDF (≈ t
3) -plain: Average
of CDF for 21 RIRs (with compensation of the energy decay).
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Figure 8: CNA of a theoretical RIR. -dash: theoretical CNA -
plain: estimated CNA (the atom is a pistol shot) -bold: estimated
CNA (the atom is a dirac) (with compensation of the energy de-
cay).
4. DISCUSSION
As seen previously, the stopping criterium is important, since its
value speciﬁes the approximation of the original signal: the higher
the SNR, the larger is the number of coefﬁcients. For instance,
coefﬁcients of small amplitudes are thought to represent the scat-
tering occuring between arrivals, specially after the ﬁrst reﬂection.
This latter point raises the question of using a threshold applied
on the linear base of coefﬁcients, so that small coefﬁcients are not
taken into account. Moreover, as the CDF deﬁnes the mixing
time, further studies should be carried out on the robustness of
such an estimator, specially for varying values of the SNR, and
for different atoms size. It remains to link this experimental esti-
mation of the mixing time to the theory of arrivals, which will be
the topic of a future paper. Finally, an analysis on octave bands is
thought to be an original manner to discriminate the phenomenum
of diffusion at high frequencies, on the one hand, and also to give
information about the ﬁltering of the room, on the other hand.
5. CONCLUSIONS
This study uses a well known technique, Matching Pursuit, to de-
terminethetimeof arrivalsinRIRs. Thisleadstoﬁrstsetanappro-
priate stopping criteria, and second to deﬁne as precisely as pos-
sible the temporal boundaries of the direct sound, which is used
as the atom of the dictionnary. The stopping criterium is choosen
by minimizing the difference between the acoustical indices of the
original RIR and the synthesized one. Further studies should per-
ceptively evaluate, using listening tests, the relevance of such a
stopping criteria. This would lead to choose either another value,
or another stopping criteria.
Temporal boundaries of the direct sound are estimated by look-
ing at the speed of convergence of Matching Pursuit. In other
words, the lowest the number of iterations, the best are the tempo-
ral boundaries of the direct sound. This seems to be an efﬁcient
method to characterize frequently used sound sources in Room
Acoustics, that should be achieved in a future work.
On the other hand, Matching Pursuit provides another vision of
RIRs. Indeed, the linear base of coefﬁcients obtained are seen
as the arrivals of the RIR. The cumulative number of arrivals is
confrontated to the theory. The exponential decrease of energy ne-
cessitates a compensation, in order to obtain a stationary signal.
The mixing time is then deﬁned as the time at which the signal
becomes stationary. It remains to generalize this estimator to other
rooms, using some different atoms, and to ﬁnally confrontate the
results to the theory. Moreover, more investigation should be made
with ﬁltering the RIR and using threshold on the linear base of co-
efﬁcients, derived from Matching Pursuit.
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